As an important part of broadcast business, Broadcast audio quality testing guarantee the broadcast quality, it can find out audio quality problem during broadcasting process such as stereo phase inversion, too large of left and right level difference, mute and overload etc. The traditional detection method of artificial technical is time-consuming and laborintensive, which can easily lead to miscarriage of justice and leakage of judgment. This paper is for the above problems, through the specific audio quality check business process analysis, combined with the relevant digital signal processing technology and computer-aided analysis of algorithm design, and through the test experiment completed the audio quality of the automated analysis and processing algorithms to achieve a better analysis and detection effect.
INTRODUCTION
With the widespread application and development of computer technology in the field of radio, audio quality audit business based on quality detection technology have been moving toward automation and precision. The quality of audio directly affects the broadcast quality of radio programs. The low-quality audio will cause the safety accident to be broadcasted. However, the traditional manual audit methods are time-consuming and labor-intensive. With computerassisted means, the automatic detection of several key audio quality indexes can be greatly reduce labor costs and improve the detection efficiency and accuracy of detection. Audio quality detection mainly involves the testing of several key indicators of stereo phase inversion and left and right level difference detection, in order to achieve the precise positioning for audio quality problems.
II. STEREO REVERSE DETECTION

A. Stereo Reverse Introduction
Radio programs usually use the left and right channel stereo broadcast, for the stereo audio signal, there is a phase difference between the left and right channels, known as the phase difference [1] . The phase difference here is actually a poor polarity, only when the waveform signal is sine, it is called the phase difference. When two waves propagate in the same medium and overlap, according to the principle of superposition of waves : If the wave peaks (or troughs) of two waves reach the same place at the same time, the phase difference between the two waves is 0, the same phase, the interference wave will have the greatest amplitude, known as the constructive interference; if one of the wave peak and the other waves at the same time arrives at the same location, then the two waves with a phase difference of 180°, said the two waves at this point Phase, interference wave will produce the smallest amplitude, known as destructive interference. In many cases, the phase difference between two waves is between 0° and 180°. At this time, the superimposed waveforms will be phase-matched or canceled according to the specific phases. For details, see the wave superposition principle.
FIGURE I. WAVE SUPERPOSITION
For stereo, if the left and right channels are inverted, the energy of the sound between them will be weakened and canceled each other in the sound field, so that the total energy of the audio is decreased and the volume of the sound is not reached the standard, the sound intensity Worse, bass turbidity and other phenomena [2] . For the detection of stereo inversion, the phase difference between the left and right channels of the sampled data is mainly required. Common methods of measuring the phase are: zero comparison method, digital correlation method, Fourier transform spectrum analysis method.
Zero-crossing comparison is a hardware implementation of the detection method, by counting the two pulses through the zero-point time, T1 and T2, according to the time difference between the pulse period and the phase difference between the two signals [3] . Cross-zero comparison method is good linear, easy to digitize, but it is based on the hardware testing, and vulnerable to external factors, such as the impact of harmonic interference.
The digital correlation method finds the phase difference between two related signals by using the autocorrelation function and the cross-correlation function [4] . Fourier transform spectrum analysis Discrete Fourier Transform (DFT) principle, the time domain signal is transformed to the frequency domain, and then calculated according to the phasefrequency signal phase difference.
The digital correlation method and the DFT spectrum analysis method have strong anti-interference ability, and both of them use the orthogonally of the trigonometric function. Under the synchronous sampling conditions, the accuracy is higher and the calculation is more suitable for accurate calculation [5] . DFT spectrum analysis method in seeking the phase difference, but also simultaneously determine the signal frequency, amplitude and other parameters, the project is more widely used.
Due to the huge amount of calculation of ordinary DFT, this paper uses the Fast Fourier Transform (FFT) method to improve the speed.
B. Fast Fourier Transform
The Fourier transform of finite length sequence x (n) of length N is:
From Equation 1.1, we know that for every k value in the sequence, the Fourier transform requires N complex multiplications and N-1 complex additions. For the entire sequence, you need N 2 complex multiplications and N (N-1) complex additions. When N is large, the amount of computation is amazing, such as 1024576 multiplications when N = 1024. The use of ordinary DFT calculation stereo phase difference less efficient, often used in practical applications of improved Fast Fourier Transform (Fast Fourier Transform, FFT).Fast Fourier Transform (FFT) is not a new theory of Fourier analysis [6] , but a general term of various algorithms that improve the efficiency of the algorithm by improving the Fourier transform, reducing the computational complexity, and improving the efficiency of the algorithm. Because the transformation factor W N of DFT is periodic and symmetrical, that is:
In FFT, a N-sequence (assuming N = 2k, k is a positive integer) is divided into two subsequences of N / 2 terms using the periodicity and symmetry of the transform factors. DFT transforms are used on two subsequences of N / 2 terms, each requiring (N / 2) 2 operations. Then use N operations to combine the two N / 2 DFT transforms into one N-point DFT transform. After this transformation, the total number of operations becomes N + 2 * (N / 2) 2 = N + N2 / 2. Thus, when N = 1024, the total number of multiplications becomes 525312 times, saving about 50% of the computation.
According to the above method, the two N / 2 subsequences are further divided into four N / 4 sub-sequences and eight N / 8 sub-sequences until the two to two groups of DFT operation units, Then N-point DFT transformations only require Nlog2N multiplications. When N = 1024, the complex number of calculations only 10240 times, compared with the DFT method increased by about 100 times. The advantage of FFT lies in that the larger N is, the more computation is saved, which is why more FFTs than DFTs are used in practical projects.
C. DetectionAlgorithm Process
Take the mono s48 file as an example, the phase reversal detection process can be described as follows:
1) According to the actual broadcast needs of radio stations, set the time threshold and phase threshold;
2) Set the flag bit LastAnti to identify whether the previous frame is in anti-phase, set the Anti structure, save the start position of anti-phase (Start) and end position of antiphase (End), set AntiList to save all anti-phase Anti;
3) Set LastAnti to Fasle;
4)
Read each frame of audio in turn, perform the following operations on each frame of audio: a) Using fast Fourier transform(FFT) to calculate the phase difference PhaseDiff between the left and right channel; b) Determine PhaseDiff is less than the phase threshold: c) When PhaseDiff is less than the phase threshold: If the previous frame is also smaller than the phase threshold, add the duration of the frame to the End of the AntiList, otherwise create a new Anti element at the end of the AntiList with the start time set to The start position of the frame, the end time is set to the beginning of the frame plus the duration of the frame, and finally the LastAnti set to True.
d) When PhaseDiff is greater than the phase threshold, the element is deleted if the previous frame is smaller than the phase threshold and the difference between start time and end time of the AntiList is less than the time threshold. At Last, LastAnti is set to False.
5)
After the audio detection of the last frame ends, it is determined whether the end of the AntiList is different from the start threshold by less than a threshold. If the difference is smaller than the threshold, the element needs to be deleted.
The reverse detection process is shown in Figure 2 .
D. Algorithm Test and Result
In order to verify the correctness and accuracy of the reverse phase detection algorithm, this paper uses Microsoft Visual Studio 2010 software to create the console application of reverse phase detection, using C # language to achieve the detection algorithm. The test audio sequence used in the experiment is shown in Table 1 . The test audio sequences are from the network, after the audio editing software Audacity processing, the sequence of each audio random distribution of 10 inverted regions. In the experiment, set the time threshold to 5 seconds and the inversion threshold to -0.7. Figure 3 , the test results in the reverse phase region and the actual comparison available experimentally detected the number of correct inversion region is 10, a false positive, missed 0 , As shown in Figure 3 . As can be seen from Table 2 , the false detection rate of reverse phase detection is 3%, the missed detection rate is 1%, and the reverse phase detection accuracy is high.
III. LEVEL DIFFERENCE DETECTION
A. Level Difference Introduction
Before introducing the level difference, first introduce the digital audio level. Digital audio level refers to the digital audio signal full-scale relative level value. DB Full Scale (dbFS) is a digital audio level unit, full scale (0dbFS) is the highest level of loudness that a digital device can reach. The maximum audio signal encoded by the digital audio signal is the maximum value that can be processed by the system. The ratio of the amplitude of the actual audio signal to the amplitude represented by the maximum code is the full-scale relative level value.
Stereo left and right level difference is about the full scale of the left and right channel signal relative level value of the difference. In stereo playback, if the level difference is too large, there will be sound drift, volume reduction, noise, distortion and other symptoms. The greater the difference between the left and right channel levels, the poorer the sound quality of the audio, and sometimes it can result in a soundtrack or overload failure on a channel [7] .
For stereo left and right level difference detection, usually first seek the left and right level difference of each frame, by comparing with the set level difference threshold to determine whether the frame level difference is too large.
Because digital audio is achieved by quantizing the amplitude of the audio signal, taking a typical 16-bit sample as an example, the maximum quantized value is 0x7FFF (the most significant bit is used to indicate positive and negative direction). In this way, a sampling point of digital audio level can be expressed as:
Taking the s48 file as an example, for a frame of audio of the s48 file, the average quantization value of all the sampling points of the frame is used as the level value of the frame. Because of the positive or negative value of the quantized value, the root mean square ARMS of all sampling points of the frame is usually used to represent the average quantized value of the frame. Assuming that the frame has N sampling points, there is:
x (n) represents the quantized value of the sampling point n, n = 0, 1, 2 ... N-1.
For a stereo audio file, the average quantized value DRMS of the left and right channel differences for each frame can be expressed as: Here, x (n) and y (n) denote quantized values of left and right channel sampling points, respectively, and n = 0, 1, 2 ... N-1,Accordingly, the left and right level difference BlockdbFS for each frame is:
B. Detection Algorithm Process
Taking mono s48 file as an example, the level difference detection process can be described as follows:
1) According to the actual broadcasting demand of radio station, the time threshold and level difference threshold can be set;
2) Set the flag LastDiff identifies whether the level difference between the left and right of the previous frame is too large, set the Diff structure, save the position around the start and end of the level difference, and set the DiffList to save all the oversized left and right level differences ;
3) Set LastDiff to Fasle; 4) Read each frame of audio in turn, perform the following operations on each frame of audio: a) According to the formula, find the frame around the level difference FrameDiff; b) Judgment whetherFrameDiff is less than the level difference threshold: c) When FrameDiff is less than the level difference threshold: If the previous frame is also smaller than the level difference threshold, then add the duration of the frame to the end of the element at the end of the DiffList (End), otherwise create a new Diff element at the end of the DiffList, Time is set to the beginning of the frame, the end time is set to the start of the frame plus the duration of the frame, and finally LastDiff is set to True； d) When FrameDiff is greater than the level difference threshold, the element is deleted if the previous frame is less than the level difference threshold and the end of the DiffList element's End and Start difference are less than the time threshold. LastDiff set to False.
5)
After the audio detection in the last frame is completed, it is required to determine whether the end of the DiffList and the Start difference are less than the time threshold. If the difference is smaller than the threshold, the element needs to be deleted.
The level difference detection process are shown in Figure 5 .
C. Algorithm Test and Result
The experiment uses the same programming environment as the reverse phase detection. The test audio sequence used in the experiment is shown in Table 3 . The test audio sequence are from the network, after the audio editing software Audacity processing, the sequence of each audio are randomly distributed 10 level difference area. In the experiment, set the time threshold to 5 seconds and the level difference threshold to 5dbFS. Among them, the test audio DiffTest3.wav left and right level difference test results shown in Figure 6 , the test results of the larger level difference with the actual comparison available experimentally detected the correct level difference is too large9 , False positives0, missing ones, as shown in Figure 7 . Similarly, the same for the other test audio in the sequence can be done, and the test results against each test audio by plotting against the actual inverse domain is counted, and plot to form Table 4 .It can be seen from the table that the error detection rate of left and right level difference detection is 1%, the rate of missed detection is 2%, and the accuracy of left and right level difference detection is high. 
IV. CONCLUSIONS
The quality control of the broadcast program for radio stations is the most basic requirement of all radio stations, it needs for the use of appropriate technology to control. The broadcasting of radio programs in our country is not only a technical issue, but strict political requirements. Program audio quality audits to ensure the quality of broadcast safety, which is crucial significance. Aiming at the defect of traditional manual audit, this paper researches the automatic detection of audio based on computer. Due to limited space, this paper focuses on the business process analysis and detection from two aspects of stereo audio reverse detection and left-right channel level difference detection. The design and experiment of the algorithm are compared with the actual situation and the detection accuracy is high. After further proofreading by artificial audio quality testing, the detection efficiency of audio quality of broadcast program will be greatly improved, and the productivity of broadcasting program production will be greatly improved.
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